This paper presents the results of the research considering the inuence of the initial frequency on linear frequency modulation signal compression. The signal compression has been performed using the digital matched ltration in the time domain. The ratio of peak to side lobe ratio with the width of the main lobe equaling one sampling period is the measure of the quality of compression. In general, a lower value of peak to side lobe ratio is obtained for linear frequency modulation signals with a non-zero initial frequency than with a zero initial frequency. The peak to side lobe ratio is systematically decreasing with the increase of the initial frequency f1. The existing methods of band signals sampling, where the spectrum of the signals is transferred by means of the carrier signal f0 of a signicantly higher frequency than the band B (f0 B) may be eectively used for sampling signals considered in this study, which do not have a carrier. As a result, for the linear frequency modulation signals with a non-zero initial frequency f1 = nB and a nal frequency f2 = (n + 1)B, n = 1, 2, . . ., the same peak to side lobe ratio values will be obtained as for linear frequency modulation signals with a zero initial frequency and the identical band and time duration. The results of this research could be implemented in sonar and radiolocation techniques and medicine.
Introduction
An important feature of broadband signals with a linear frequency modulation (LFM) is their autocorrelation function. This function is characterized by the coecient of a high value determining the ratio of the level of the main lobe to the maximal side lobe. The results of the correlation analysis signicantly depend on the duration of a signal and, among others, the inuence on the resolution of recognizing time shifts. During detections from the signal noises of a desired conguration, e.g. LFM signals, matched ltering, which is a kind of correlation analysis, is used. Applying matched ltering for these signals results we obtain their compression [14] . The measure of the compression quality is a peak to side lobe ratio (PSR) coecient dened as logarithm of the quotient of the maximal value of the main lobe to the maximal value of the side lobe expressed in dB.
Thus, PSR = 20 log y c /y i , (1) where y c is the central sample of the main lobe (the result of a central convolution operation), y i is the maximal value of the convolution result appointed from other convolutions which form the side lobes.
A high PSR value makes it possible to detect and identify signals of this type, especially in the presence of signicant noises. The resolution of detection of such signals is related with the accuracy of dening the main lobe position in time in an output signal of a matched lter (MF). Therefore the ratio of PSR with the width of the * e-mail: leszcz@utp.edu.pl main lobe equaling one sampling period is the measure of the quality of compression.
Usually, for chirp signal compression, fast convolutions in the frequency domain on the basis of a fast Fourier transform (FFT) and inverse FFT (IFFT) are used [3] .
However, such an approach requires about N log 2 N operations for N samples of the chirp, the number of which limits the recognition speed, as well as the use of this method in fast-acting location systems. On the other hand, in this case the main lobe always consists of a few samples, and not one that limits recognition resolution. This is connected with the fact that the FFT output terms are multiplied by the frequency response (FR) terms and, afterwards, squared, added up, square--rooted and, afterwards, are subjected to IFFT [3] . As a result, close to the central sample, squared negative values always come together, and the main lobe consists of a few samples which worsen the resolution.
Therefore, we consider the optimal way to compress In the hypothetical case of an N -channel parallel FFT/ IFFT processor, which allows us to obtain a result near to the direct parallel algorithm, it is also possible to realize non-linear operations on the results of each channel.
Furthermore, the FFT result must be multiplied by a l-
ter FR, which corresponds to the impulse response (IR), and, afterwards, subjected to IFFT. In this way we ob- 
Matched ltering algorithm
To implement the digital matched lter, the input signal is represented in the form of a time series {x n } with
The number of samples is equal to N , where N is the integer part of τ i f s .
Each sample of the chirp-signal is given as follows:
where a = ∆f /2τ i , ∆f = f 2 − f 1 is the deviation of the frequency, f 1 is the initial frequency, f 2 is the nal frequency, τ i is the duration of the chirp signal, ϕ 0 is the initial phase, r = 0, N − 1.
The algorithm of the digital matching lter based on a convolution in the time domain can be shown as follows:
The IR of the matching lter without a smoothing window is a mirror reection of the input signal (2):
Here, y n is the n-th convolution operation result; {x n } are the input signal samples; {h n } are the weight factors of the IR, N is the number of weight factors as well as input signal samples, {w n } are the smoothing window samples. In order to reduce the eect of Gibbs' oscillations, the smoothing window {w n } is used [1, 3] . The total number of convolutions is 2N −1. While using chirp signals with a non-zero frequency we always obtain a lower value of a PSR coecient than while using signals with a zero initial frequency. The variance of the amplitude spectrum continues to grow with the increase of the initial frequency. Figure 2 shows the changes of PSR according to the initial frequency for the signals with dierent BT. The PSR coefcients were determined at optimally matched sampling rates and initial phases of signals, using the rectangular window and nonlinear operations in the process of ltration.
In general, while using chirp signals with a non-zero initial frequency a lower PSR is obtained, which systematically decreases with the increase of the initial frequency.
A chirp signals spectrum with a non-zero initial frequency at an appropriately matched signal initial phase and an optimally matched sampling rate increasingly deviates Existing sampling methods of band signals, whose spectrum is transferred by means of the carrier signal f 0 with a frequency signicantly higher than B (f 0 B) [2] , may be eectively used for sampling signals considered in this study, which do not possess a carrier.
In this context, if a chirp signal has initial and nal frequency respectively f 1 = nB and f 2 = (n + 1)B,
where n = 1, 2, . . . and a carrier signal frequency is replaced by central frequency f m = f1+f2 2 then analogously to the paper [2] a relation will be obtained
where k is any natural number providing f s ≥ 2B, B = f 2 − f 1 . 
Consequently

Conclusion
The paper shows that for the LFM signals an initial frequency dierent from zero has a negative inuence on their compression the PSR coecient systematically decreases with the increase of the initial frequency. While using existing methods of band signals sampling for the LFM signals with a non-zero initial frequency, it is possible to obtain identical results as for the LFM signals with a zero initial frequency and the identical band and duration. The initial frequency f 1 and the nal frequency f 2 of an LFM signal must satisfy the condition: f 1 = nB and f 2 = (n + 1)B, n = 1, 2, . . .
